Abstract:Real-time multimedia applications are becoming increasingly popular among mobile cellular users. Given that Long Term Evolution-Advanced (LTE-A), which is an emerging mobile cellular standard, needs to support these multimedia applications, packet scheduling is of paramount importance in LTE-A. This paper proposes a packet scheduling algorithm known as novel scheduling for usage in the downlink of LTE-A. It takes channel quality, average throughput, and packet delay into account when determining the priority of each user. Simulation results demonstrate the efficacy of the proposed algorithm in optimizing real-time multimedia performance for more mobile cellular users.
Introduction
The advancement of smart phones and mobile cellular technologies has accelerated demand for real-time multimedia applications. Hospital information systems, conferencing applications, and navigation and information systems are a number of multimedia applications where real-time data transmissions are critical. However, efficient quality of service (QoS) provisioning of these real-time applications is challenging [1, 2] due to characteristics of the mobile cellular channels that are subject to various impairments as well as the strict QoS requirements of these applications. In its attempt to address this crucial situation, a new mobile cellular standard known as Long Term Evolution-Advanced (LTE-A) was proposed by the Third Generation Partnership Project (3GPP).
LTE-A is envisaged to provide a higher transmission rate that maps to a better QoS experience among mobile cellular users as compared to the legacy 3GPP family. This is achieved via a method called carrier aggregation (CA), where two or more component carriers (CCs) of the same or different frequency bands are aggregated. Additionally, LTE-A allows efficient utilization of the scarce mobile cellular channels with the usage of packet scheduling. Packet scheduling is located at eNodeB (a base station is referred to as eNodeB in the LTE-A). It is responsible for selecting the user's packets for transmission on each mobile cellular channel so as to optimize the LTE-A performance without compromising the QoS requirements of the multimedia applications. This paper focuses on the downlink of LTE-A that uses orthogonal frequency division multiple access (OFDMA) as its modulation technique [3] . Mobile cellular channels that are used to transmit packets to users * Correspondence: zairi576@tganu.uitm.edu.my in each CC in the LTE-A downlink are known as resource blocks (RBs). Each RB contains 12 subcarriers (each subcarrier has 15 kHz bandwidth) in the frequency domain and 14 OFDMA symbols (with the usage of a normal cyclic prefix) in the time domain. Packet scheduling in LTE-A is performed in 1 ms transmission time interval (TTI). A number of RBs are available for usage among the users in each CC. However, each RB on each CC can only be assigned to a single user in each TTI.
Numerous packet scheduling algorithms have been proposed for supporting multimedia applications. Note that multimedia applications contain non real-time packets that are tolerant to delay and real-time packets that are sensitive to delay. Maximum-rate (Max-Rate) [4] , proportional fair (PF) [5] , round-robin [6] , and maximumlargest weight delay first (M-LWDF) [7] are a number of well-known packet scheduling algorithms proposed for use in the legacy mobile cellular systems. Packet scheduling in these legacy systems is limited to a single CC. All of the available mobile cellular channels in the CC are utilized for transmission of packets to a single user in each scheduling interval.
Besides these well-known algorithms, there are a number of packet scheduling algorithms proposed specifically for LTE-A. For example, the authors in [8] proposed an algorithm that divides packet scheduling into three steps.
Step 1 classifies arriving packets as real-time or non real-time. Thereafter, step 2 selects packets of a user for transmission according to the well-known PF algorithm in combination with variable n that gives different priority to real-time and non real-time packets. Finally, RBs with the best channel quality are assigned to a user for packet transmission in step 3. The major limitation of the proposed algorithm is that the scheduling decision is dependent upon variable n, where the ideal value can only be obtained via simulation.
A packet scheduling algorithm that takes system throughput, user fairness, and QoS of real-time applications into consideration was proposed in [9] . However, the proposed algorithm has high signaling overhead for allowing users to change the assigned CC dynamically throughout their data sessions. The authors in [10] proposed an algorithm that uses the Hebbian learning rule and K-mean algorithm for scheduling real-time and non real-time users. It was shown via simulation that the proposed algorithm is capable of improving the realtime multimedia performance without compromising the throughput performance of the non real-time users. Chung and Tsai [11] proposed a quantized water-filling packet scheduling algorithm for supporting multimedia users. Similar to the Hebbian learning rule and K-mean algorithm, water filling is a mathematical concept that is not practical to be implemented in a realistic LTE-A network with high complexity.
Given the limitations of the existing packet scheduling algorithms as well as since LTE-A will be supporting more users due to increasing demand for multimedia contents, this paper proposes a packet scheduling algorithm known as novel scheduling (NS) for usage in the downlink of LTE-A. The proposed algorithm takes channel quality, average throughput, and packet delay into account when determining the priority of each user and transmit the packets to the selected user on the RBs with the best channel quality. The proposed algorithm is efficient in optimizing the number of mobile cellular users in the downlink of LTE-A while it simultaneously guarantees the required QoS.
The remainder of this paper is organized as follows. Section 2 provides a detailed description of the NS algorithm, followed by discussions of results in Section 3. Finally, the conclusion of the paper is given in Section 4.
Novel scheduling (NS) algorithm
As stated previously, the NS algorithm proposed in this paper aims to optimize the number of real-time multimedia users without compromising the required QoS. The operation of the NS algorithm is divided into three steps, which are described next. The well-known M-LWDF has shown excellent performance when scheduling real-time multimedia applications in legacy mobile cellular systems. In each scheduling interval, the M-LWDF algorithm selects the packets of a user that maximizes:
where µ i (t) is the priority of user i at scheduling interval t, a i is the QoS requirement of user i, W i (t) is the delay of the head-of-line (HOL) packet of user i at scheduling interval t , r i (t) is the instantaneous data rate (across the whole bandwidth) of useri at scheduling interval t ,R i (t) is the average throughput of user i at scheduling interval t, δ i is the application-dependent packet loss ratio (PLR) threshold of useri ,T i is the application-dependent buffer delay threshold of user i ,I i (t) is the indicator function of the event that packets of user i are selected for transmission at scheduling interval t, and t c is a time constant.
Given that packet scheduling in legacy mobile cellular systems is performed on a single CC and across all of the mobile cellular channels (i.e. all of the available mobile cellular channels in a CC will be used to transmit packets of a selected user), step 1 of the NS adapts the well-known M-LWDF algorithm such that packet scheduling is performed on each CC and takes both time and frequency domains into consideration. In each TTI and on each CC, step 1 determines the priority of each user according to Eq. (4) and selects a user that maximizes the equation. It can be observed in Eq. (4) that the mathematical expression of the NS accounted for the CC as well the channel quality on each RB when determining the priority of each user. Additionally, in Eq. (6), the average throughput of a user is updated on all CCs as the LTE-A users enjoy transmission of packets on all of the available CCs:
where µ i,j (t) is the priority of user i on CC j at TTI t, a i is the QoS requirement of user ias defined in Eq.
(2), W i (t) is the delay of the HOL packet of user i at TTI t, avg r i,j (t) is the average data rate of user i on CC j at TTI t, R i,j (t) is the average throughput of user i on CC j at TTI t , r i,j,k (t) is the instantaneous data rate of user i on CC j on RB k at TTI t, rtot i,j (t) is the total data rate of user i on CC j at TTI t,
is the indicator function of the event that packets of user i are selected for transmission on CC j at TTI t , CC max is the maximum available number of CCs, and RB max is the maximum available number of RBs.
Thereafter, step 2 selects the RB with the best channel quality and transmits the packets to the user on the selected RB. The user buffer at eNodeB is updated in step 3. Additionally, in this step, the selected RB is removed from the list of available RBs.
Step 2 and step 3 are repeated until the user does not have any more packets in its buffer at eNodeB or the list of available RBs becomes empty. If the list of available RBs in the CC is not empty after completion of step 2 and step 3, then all steps will again be repeated. The flowchart that summarizes the operation of the NS algorithm is shown in Figure 1 .
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Simulation environment
The majority of the parameters used in this performance evaluation are similar to those of [12] . These parameters are described next. The data destined for each user arriving from the core network are segmented into smaller packets of fixed size, time-stamped, and queued in the user buffer (at eNodeB) for transmission based on a first-in-first-out basis. The buffer capacity of each user is assumed to be infinite. The performance evaluation is conducted within a pico cell of 250 m radius. Users are uniformly distributed within the cell. The eNodeB uses a total of 43.01 dBm transmit power and only the frequency division duplex mode is used. The downlink of LTE-A contains 2 CCs of 900 MHz and 2 GHz carrier frequency. Each CC is of 3 MHz bandwidth and contains a total of 15 RBs. Each user moves within the cell at a speed of 3 km/h in a constant direction. The Hata model for urban environments, a Gaussian log-normal distribution with 0 mean and 8 dB standard deviation, and frequency-flat Rayleigh fading are used to model the channel quality. The CQI delay is set at 1 ms duration, the probability that the CQI report is in error is fixed at 0%, and the interval for CQI reporting is set to 1 ms interval. Type II hybrid automatic repeat request (HARQ) with chase combining is considered. The HARQ feedback is modeled error-free with a 4 ms delay. All erroneous packets are discarded after they have been retransmitted three times.
The performance of the NS algorithm is evaluated in terms of PLR and mean user throughput (see Eq. (7) and Eq. (8) for the definitions of PLR and mean user throughput) and compared with the well-known M-LWDF algorithm via a series of computer simulation. It is assumed that all LTE-A users run a video streaming application with average data rates of 512 kbps. It should be noted that video streaming is one of the real-time multimedia applications. The buffer delay threshold is capped at 100 ms, which is within the 3GPP acceptable range. Additionally, to allow a user to run 2 min video streaming sessions without its buffer running dry (if the size of the de-jitter buffer is assumed to be 10 s when a user starts its session), the minimum user throughput is assumed to be maintained above 469 kbps. A PLR threshold of 10 −3 is set so that the QoS requirement of the real-time multimedia application is satisfied.
mean user throughput
Here, pdiscard i (t) is the total size of discarded packets (in bits) of user i at time t, psize i (t) is the total size of all packets (in bits) arriving into the e Node B buffer of user i at time t, prx i (t) is the total size of correctly received packets (in bits) of user i at time t, N is the total number of users, and T is the total simulation time.
Results and discussion
The PLR and mean user throughput performances of both algorithms are shown in Figures 2 and 3 . It can be observed in Figure 2 and Table 1 that if the QoS requirement of the real-time multimedia application is to be satisfied at 10 −3 PLR threshold, then the maximum system capacities that are supported by the wellknown M-LWDF and NS algorithms are 18 and 21, respectively. This shows that the NS algorithm supports approximately 16.7% more users than the M-LWDF algorithm. It should be noted that this improvement is significant as all users are streaming videos with average data rates of 512 kbps. Similarly, Figure 3 and Table  2 show that the NS algorithm has approximately 26.1% system capacity improvement over the well-known M-LWDF algorithm if the minimum mean user throughput of 469 kbps is required to be maintained. These significant achievements can be justified as follows. In each TTI and on each CC, the well-known M-LWDF algorithm selects packets of a user for transmission according to Eq. (1) and allocates all of the available RBs for packet transmission to the user. It is highly likely that some of the allocated RBs are not utilized due to the buffer status of the selected user. On the other hand, in each TTI, the NS algorithm avoids inefficient usage of RBs in each CC by allocating only the required number of RBs to the selected user (see step 3 of the NS algorithm). The remaining RBs may be used for transmission of packets to other users. Additionally, given that packets are transmitted to a user on its best RBs, this minimizes the number of RBs required by each user for packet transmission and hence allows more packets of users to be scheduled in each TTI. This is contrary to the well-known M-LWDF algorithm that allows only the packets of one user to be scheduled in each TTI and on each CC.
Conclusion
This paper proposes a packet scheduling algorithm known as novel scheduling for optimizing real-time multimedia performance in the downlink of LTE-A. The proposed algorithm takes channel quality, average throughput, and packet delay into consideration when determining the priority of each user and transmits the packets to the selected user on the RBs with the best channel quality. The performance of the proposed algorithm is evaluated via a series of computer simulations and compared with the well-known M-LWDF algorithm. The results demonstrate that the proposed algorithm is efficient in providing a better real-time multimedia experience for more mobile cellular users. Though the NS algorithm is slightly more complex when compared with the well-known M-LWDF algorithm for allowing more than one user to be scheduled in each CC, the computational complexity is negligible given its efficacy in optimizing the real-time multimedia experience. The NS algorithm is suitable for implementation in other OFDMA-based mobile cellular systems with CA. The impact of mobile cellular channel impairments on the proposed algorithm when supporting real-time multimedia applications will be a subject of future work.
